


Directional 
Microphone 


with switchable characteristic 


Design by K. Rohwer and G. Schmidt 


The directional microphone published in the July-August 2002 issue of 
Elektor Electronics does its job, but does not have the right directional 
characteristic. The authors have developed a new circuit which satisfies all 
the requirements in practice as well as in theory. 


The microphone published in the July-August 
2002 issue of Elektor Electronics was 
designed to reduce the risk of feedback when 
used with a jazz harmonica. However, it does 
not exhibit the ideal cardioid directional char- 
acteristic. It can be shown mathematically 
that as the characteristic is adjusted from 
omnidirectional at one extreme to figure-of- 
eight at the other, it is never strictly cardioid 
or supercardioid: instead a null is gradually 
introduced, like a belt being tightened around 
the omnidirectional response until it becomes 
a figure-of-eight. 

The frequency response also leaves some- 
thing to be desired, since it has a distinct 
high-pass characteristic (see inset). That has 
little effect in the original application, since 
the so-called proximity effect comes into play, 
as always with devices sensitive to pressure 
gradient. This means that if we have a sound 
source in close proximity to the microphone, 
the low frequencies are boosted, which tends 
to cancel out the high-pass characteristic. 

These effects have been taken into 
account in this new circuit and specifically 
compensated for. The new circuit has the fol- 
lowing features: 


— Switchable directional characteristic: omni- 
directional, wide cardioid, cardioid, super- 


cardioid, hypercardioid and figure-of-eight. 


— Frequency response (for the far field) com- 
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pensated to below 25 Hz (-3 dB) 


— Close-talking compensation (so- 
called roll-off or low-cut filter) with 
switchable cutoff frequency 


— Choice of jack socket output using 
9 V battery supply or XLR output 
using 12 V to 48 V phantom power 





Block diagram 


The block diagram of the new pre- 
amplifier if Figure 1 shows the two 
condenser microphone capsules 
Mic1 and Mic2 which are mounted 
back-to-back in the same way as 
described in the July/August 2002 
article. The signal from Mic1 is first 
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Figure |. Block diagram of the circuit. 


buffered by IC1.A and then taken, 
along with the signal from Mic2, to 
differential amplifier IC1.B. This 
forms a pressure gradient transducer 
from two pressure transducers. Next 
comes a low-pass filter (LPF) in the 
form of opamp IC1.C, which com- 
pensates for the high-pass charac- 
teristic that results from the arrange- 
ment of the microphones. The cor- 
rect response for this filter depends 


IC1 = TS925IN 
IC2 = TLC2272 
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on the physical distance between 
the two microphone diaphragms. 
Using the voltage divider P1 that fol- 
lows, we can continuously adjust the 
output between (buffered) output 
signal of Mic1 (omnidirectional char- 
acteristic) and the output of the low- 
pass filter (figure-of-eight character- 
istic). This time the weighted sum 
does indeed produce the various car- 
dioid characteristics, since the low- 
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Figure 2. Detailed circuit diagram of the directional microphone. 
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pass filter also introduces the correct phase 
shifts. 

Next there is a further buffer amplifier 
(IC1.D), providing a low-impedance input to 
the high-pass filter (HPF) used for close-talk- 
ing compensation. The frequency setting of 
this filter is switchable to allow for talkers at 
various distances from the microphone. 

Finally we come to volume control poten- 
tiometer P2. At this point we can take off the 
output signal to a jack socket. It is, however, 
also possible to produce a ‘studio style’ bal- 
anced output signal on an XLR connector. 
The balanced output is generated by buffer 
IC2.A and inverting amplifier IC2.B. 


Circuit diagram 


It is easy to identify the various parts of the 
block diagram in the detailed circuit diagram 
shown in Figure 2. Note that the inputs to 
IC1.B have simply been exchanged in order 
to compensate for the inversion undergone by 
the signal in the low-pass filter IC1.C. 

The TS925 device used is a quad low-noise 
rail-to-rail operational amplifier, with a rela- 
tively high output drive capability. Also, the 
TS925 includes a half-supply buffer (output on 
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COMPONENTS LIST 


Resistors: 

RI,R3,R39 = 4kQ7 
R2,R4,R37,R38 = 470Q 
R5,R1I5,R26,R32 = 47kQ 
R6,R7,R28 = 22kQ 
R8,RI6,RI7,RI8,R31 = 1kQ 


R9,R24 = 100kQ 
RIO = 3kQ3 

RII = 1kQ5 
RI2,RI3 = 1kQI 
RI4 = 2kQ4 
RI9-R22 = 220kQ 
R23 = 150kQ 
R25 = 68kQ, 

R27 = 33kQ 

R29 = 15kQ 
R30,R33,R34 = 10kQ 
R35,R36 = 470 


PI = 47kQ preset 
P2 = IkQ potentiometer, logarithmic 


Capacitors: 

Cl,C4 = 2nF2 
C2,C5,C8,C13 = 330nF 
C3,C6 = 220uF 10V radial 


C7 = 47nF 
C9,C10,C24 = 100nF 
CII = 150nF 

C12 = 220nF 

C14 = 470nF 

C15 = 680nF 


C16,C23 = IuF 63V MKT, lead pitch 5mm 
or 7.5mm 

CI7 = IuF5 63V MKT, lead pitch 5mm or 
7.5mm 

C18 = 2uF2 63V MKT, lead pitch 5mm or 
7.5mm 

C19 = 3uF3 63V MKT, lead pitch 5mm or 
7.5mm 

C20 = 4uF7 63V radial 

C21 = 6uF8 63V radial 

C22 = 22uF 40V radial 

C25,C26 = |00uF 63V radial 

C27 = 470uF 63V radial 


Semiconductors: 

DI = zener diode 7.5V |.3W 

D2 = IN4148 

TI = BC546B 

ICI = TS925IN (ST), e.g., Farnell 
IC2 = TLC2272 (Texas Instruments) 


Miscellaneous: 

KI = 3-way SIL pinheader + 6.3mm jack 
socket, chassis mount with separate 
ground contacts 

K2 = 3-way SIL pinheader + XLR plug 
(male) chassis mount 

S| = 2-pole 6-way rotary switch, PCB mount 

S2 = |-pole |2-way rotary switch, PCB mount 

BTI = 9-V battery 6F22 with clip-on leads 

MICI,MIC2 = electret microphone element 
(e.g., Monacor MCE2000) 

PCB, order code 030046-1, (available from 
The PCBShop 
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Figure 3. The printed circuit board features four test points. 


pin 8), which can be used as a vir- 
tual ground. The selection of R8 
depends on the distance d between 
the diaphragms of the two micro- 
phone capsules. Here we have 
assumed that this is 15 mm, which 
using the formula 


R8 = d / (c-C3) 


and taking c, the speed of sound, to 
be 344 m/s, gives us a value of 
956 Q. The value is not particularly 
critical, and we can round it off to 
1 KQ. P1 of the block diagram is 
implemented as a switched resistor 
ladder, which makes it easier to set 


a given directional characteristic. 
The most complicated part 
appears to be the adjustable high- 
pass filter, but in fact it simply con- 
sists of twelve high-pass combina- 
tions (C11 to C22 in conjunction with 
P2) in parallel, each with a different 
cutoff frequency. S2 switches 
between the different frequencies. 
Resistors R19 to R30 do not play a 
significant part in determining the 
high-pass characteristic: they are 
there simply to charge the capacitors 
to half the supply voltage so that 
there are no transients on the output 
when the filter is switched. The 
value of volume control potentiome- 
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ter P2 is rather low at 1 KQ, so that 
the signal for the jack output can be 
taken directly from the wiper. 

Both the microphone capsules 
and the output buffer IC2.A are con- 
nected via RC-combinations (C2/R5, 
C5/P1 and C23/R32). This attenuates 
the output below 16 Hz at 12 dB per 
octave. This ensures that IC1.C and 
1C1.D will not be overdriven. 

Two opamps are connected in 
parallel with the jack output in order 
to produce a balanced (as well as 
buffered) output. IC2.A acts solely 
as a buffer, whereas IC2.B inverts 
the signal. The balanced signal is 
taken to the XLR connector via C25 
and C26. 


Phantom power 


The power supply for the electronics 
and for the microphones can be 
obtained either from a 9 V PP3 bat- 
tery or from a mixing desk that sup- 
plies phantom power. D2 prevents 
the power sources from interfering 
with one another. R37 to R39, C27, 
T1 and D1 extract the phantom 
power: the pure phantom supply 
voltage appears at the junction of 
R37 and R38, since the AC signal has 
been cancelled out. Then, after 
smoothing (C27) T1 and D1 form a 
simple, but entirely adequate, volt- 
age regulator producing about 6.8 V. 
Because the ICs offer rail-to-rail 
operation, the circuit has plenty of 
output drive. 

The circuit can be used with 
phantom power at the usual volt- 
ages of 12 V, 24 V or 48 V. 


Construction 
and adjustment 


Apart from the microphones, there is 
little to say about the construction of 
this circuit. The printed circuit board 
shown in Figure 3 should ensure a 
stress-free soldering experience. Be 
careful not to omit the wire link near 
R18. There are four test points on the 
circuit board, which should be fitted 
with pins if measurements are to be 
carried out on the circuit. 

The only adjustment to make is to 
compensate for the difference 
between the two microphone cap- 
sules using P1. This requires an 
oscilloscope or an audio-frequency 
millivoltmeter to be connected to the 
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output of the circuit. Set the direc- 
tional characteristic to figure-of-eight 
and the high-pass filter to its lowest 
frequency. A low-frequency (but at 
least 16 Hz) sinewave audio signal 
should be generated near to the 
microphones, with the axis of the 
microphone pair perpendicular to the 
direction of the sound source. A 
50 Hz signal is suitable since it is 
easy to generate and feed to a stereo 
amplifier. The loudspeaker will not 
produce a perfectly undistorted 
sound, and so it is necessary to con- 
centrate only on the fundamental 
component of the signal on the oscil- 
loscope display. The output ampli- 
tude should be adjusted to a mini- 
mum using P1. It can be helpful to 
try adjusting the orientation of the 
microphone in order to find the min- 
imum. 

It is best to use a low frequency, 
because at higher frequencies sound 
reflections can easily mask the true 
direction of the sound source — at 
least, assuming that you do not have 
access to an anechoic chamber and 
that you do not want to do these 
experiments in the open air. 

If you do not have the appropriate 
test equipment, then you can put 
your faith in the microphone manu- 
facturers, assume that the capsules 
are identical, and set P1 to its centre 
position. 


The microphone in use 


The authors mounted the two micro- 
phones exactly as before (Figure 2 of 
the original article). However, rather 
than using the construction shown 
in Figure 3 of the article, we did not 
take the screened cable all the way 
to the capsules. Instead we used 
short flexible lengths of braid to con- 
nect to a two-core screened cable. 
The rubber tube holding the two 
capsules is suspended inside a 
spherical stainless steel mesh tea 
infuser (Figure 4) using elastic 
bands. The elastic bands, which are 
fixed to the edge of the infuser using 
three M2 screws, serve to reduce 
handling noise. The microphone 
cable is fed in obliquely via a strain 
relief, which is also fixed to a hole on 
the infuser (Figure 5). Electrically 
connecting the screen of the cable to 
infuser gives the required shielding 
from noise. 








Figure 4. The microphone capsules are 
suspended using lengths of elastic. 


Finally the two halves of the infuser are 
screwed together and a pop filter fitted over 
the whole assembly. For the prototype we 
used two large black foam pads from head- 
phones, pulled over the halves of the infuser 
(Figure 6), so that the whole thing rather 
resembles a burnt doughnut. A hook-and- 
loop strap is fitted between the two halves to 
make the assembly easier to hold. 

The electronics is contained in a separate 
enclosure, which can for example be clipped 
to the belt. Connection is via a two-core 
screened cable fitted with a 5-pin DIN plug, 
with pairs of contacts wired in parallel to 





Figure 5. The prototype before the pop filter is 
fitted. 
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phantom power supply, and a 
6.3 mm jack socket, with an isolated 
switching contact, is used when 
under battery power. This saves the 
bother of an on/off switch, as well as 
that of remembering to use it. 


References: 


TS925 datasheet, ST Microelectronics. 


‘Directional Microphone’ 

by Klaus Rohwer, Elektor Electronics 

July-August 2002, page 84. 

In practical use on stage it will be 
necessary to experiment in each 
case to find which of the available 
directional characteristics makes for 
the least feedback. This will depend 
on the positions of the loudspeakers 
and monitors as well as on any 
sound-reflecting surfaces nearby. 
The cutoff frequency of the high-pass 
filter should be set appropriately. 
The proximity effect, for which this 
compensation is designed, is not 
always undesirable; sometimes its 
particular tonal characteristics are 
just what is wanted. 


‘Handbook of Mathematics’ 
by Bronstein and Semendyayev, 
Springer-Verlag, Berlin, 2002 





Figure 6. The completed microphone unit. 


improve contact reliability. A chassis- 
mounted XLR plug is used for the output with 
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Calculating the 
directional characteristic Gee 
and frequency response iaraa] eto 


Here Up is the angle between the z-axis and the line joining the 
origin and the sound source. The pressure p due to a sound wave, 
which spreads out in a spherically symmetric fashion, can be writ- 
ten as follows in terms of time t and distance r: 


2 
ror de -r :d-cosÙo 
i WNA 


We will use complex numbers in the following calculations, since 
they offer many advantages in this case. The calculations could also 
be carried out using real quantities, but would be rather more 
convoluted. As usual in e 
sound source 4 : : p= po 3 ) 
y engineering, we use j, 
® ar r 
rather than i, for the imagi- 
nary axis, since į can be 
confused with a current. 


Here œ = 2-1-f is the angular frequency of the sound and k = o/c 
= 2-1-2) is the number of cycles of the sound, with c being the 
speed of sound (344 m/s) and À being the wavelength (A = c/f). po 
is a parameter to represent the intensity of the sound wave: it is 


We choose a coordinate not necessary to know this value for the calculation here. Equation 


system where the 
diaphragms of the micro- 
phone capsules lie a dis- 
tance d apart on the z-axis, 
symmetrically disposed 
with respect to (i.e. dis- 
tance d/2 above and below) 
the x-y plane: see Figure A 
and Figure B. The sound 
source is at a distance ro 
from the origin of the coor- 
dinate system. Let the dis- 
tances between the sound 
source and the diaphragms 
ber, and rp. 

These distances can be cal- 
culated using the cosine 
rule: 


microphone 


elements 
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sound source 






x-y plane 
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(3) shows that the sound pressure is inversely proportional to the 
distance from the sound source. We now suppose that each 
microphone capsule produces a voltage proportional to the sound 
pressure at its diaphragm. We can now write these voltages as fol- 
lows. 


Ua „lee y -Ua lee) 


lal T3 


U= 


Here Up is another undetermined parameter, which is propor- 
tional to po. It will drop out of the calculation later. It is convenient 
to separate out the explicit time dependency in these 
equations.and introduce a complex amplitude A. Now we have 


U, a = 
Uj= L.e Jkry , pjot 
al 1 


U, a5 5 
U= D e I . cit 


Later we will need to resolve (for example) U p and hence the 
complex amplitude, into its real and imaginary parts. We therefore 


ee 
Uy = 2c 


=U] =Ü; e” 
r] 
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z Up tee ao 
osaa =U, =U7-el™ 
2 
need to rewrite the complex exponential into its real and imagi- 
nary parts: 


U = 20 (coskr; -j-sinkr) = Re(0;)= "2 cost, Im({i,) = 22 sin kr 
1 Gi 1 


The amplitude is not the real part, but rather the modulus, of the 
complex amplitude (which we will need later): 


ol relo) mlo) 


We now look at the theoretical circuit in Figure C. The difference 
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voltage Up is given by: 


Op - Ups Ae es 
7 ia 
The equation for the output voltage of the low-pass filter, Up, is 
derived by applying Kirchoff’s law at the inverting input to the 
operational amplifier: 


ep yee 
Ry 1+ jaRC 
At low frequencies the gain of this stage tends PAAR 
to the constant value L5 R 


Write ô for the ratio between the frequency of interest and the 
cutoff frequency of the low pass-filter. 


6:=@RC 


=>Up,=-Up:v- 7 Cee 
1+ jõ 1+5? 








>ÜÛp =—Ug EB [Lem <i) 
1+8 n2 r] 


> Up =—Ug yess oon oon |+ simen Lint 
1+87 No ji 1 "9 





z Re(U;) Soe v__| coskr; _ coskrg +3 sinkry _ sinkr; 
148? | 4 r2 "9 rl 





= Im(0¢)=Up- Vis coskr, _ coskr; R sinkrz _sinkry 
1+8? T2 rl T2 t 


[Potentiometer P lets us mix U, and Uf in variable proportions. 
Let be the proportion of U;. Then we have: 


U4=0U, +(1-0)0p 


From this point the calculation is best continued numerically. This 
can be done using an ordinary spreadsheet program such as Excel. 
First create a column for the parameter to be varied with space 
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o ADO 


for several values. In the case of the directional characteristic this 
is Oo, and in the case of frequency response this is f. Then create 
more columns for the intermediate quantities which are calculated 
using the above formulae. Generally spreadsheet programs cannot 
work with complex numbers, and so separate columns will be 
required for the real and imaginary parts of each complex quantity. 
It is a good idea to reserve a corner of the spreadsheet for the 
constant values such as rg, a, R, Ry, and C (all in SI units: m, Q, and 


When calculating the directional characteristic, it is of course 
necessary to keep the frequency f constant (for example at f = 
1000 Hz), and likewise to keep the angle of the incoming sound Sg 
constant (for example at 0°) when evaluating the frequency 
response. And what about the unknown U,? It can simply be set to 
1. In the penultimate column we can calculate the behaviour of U, 
using equations (14) and (23); in the last column we can convert 
these values into decibels using the formula: 


Ua 
u= 20 -log| — 
Here we finally see the justification for set- Uo 
ting Up to |, simplifying equation (24). u is 
now a suitable quantity for observing the dependence on the vari- 
able parameter. Spreadsheet programs usually offer a charting for- 
mat suitable for the directional characteristic, such as the polar 
plotting function in Excel. Including the factor of rg allows the easy 
comparison of results with different distances between sound 
source and microphone. If the factor were not included, the value 
of u would be highly dependent on this distance. 

It is of course inter- 
esting to vary the mixing 








a Directional characteristic 











proportion a. The fol- 0 Figure-of-eight 
lowing values give the 0.25 | Hypercardioid 
directional characteris- 0.37 | Supercardioid 

tics shown: 0.5 | Cardioid 





0.66 | Wide cardioid 
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The characteristic is best approximated when 


Ry = 
cC 


The optimal value of Ry depends on the distance d between the 
two diaphragms. R, on the other hand, affects the cutoff frequency 
of the low-pass filter and hence the usable bandwidth of the 
microphone, as well as the gain (see equation |7). The value of R 
is therefore always a compromise between wide bandwidth and 
the risk of noise due to the high gain. 


An interesting aspect is the effect of varying ro. We can clearly 
observe the proximity effect, which, with œ = 0 and with a small 
value of rọ, gives a boost to the lower frequencies. 

By setting C = 0 and R = Ry, we can simulate the circuit of the 
July-August 2002 issue without a low-pass filter. Here we can see 
the strong dependence of output signal level on frequency, even at 
greater values of ro. 


An excessive amount of trust should not be put in the results 
of these calculations. We have not taken into account that in real- 
ity the diaphragms are not points, but have a definite extent. This 
has a particular impact at high frequencies. Also, the microphone 
capsules are not ideally positioned in free space, but are generally 
surrounded by a grille and a pop filter. This affects both the fre- 
quency response and the directional characteristic. These calcula- 
tions, then, are not a substitute for a real test in an anechoic cham- 
ber, but in the absence of such facilities, can at least provide some 
useful guidance. 
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